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This paper presents a modified loudspeaker source for decentralized feedback cavity control 
in a double panel structure to reduce the noise transmission. The double panel structure con-
sists of two panels with air in between and offers the advantages of low weight, low sound 
transmission at high frequencies, and thermal insulation. The main issues of the double panel 
structure are the resonance of the cavity and the high noise transmission at low frequencies. 
Many papers have discussed applying active structural acoustic control to the panels or active 
noise control to the cavity. In our previous study, we considered the resonance of the panels 
and the cavity simultaneously and numerically compared various decentralized structural and 
cavity feedback control strategies basing on identical control stability margins. Cavity control 
by loudspeakers, which are modified to operate as incident pressure sources, was found to-
provide the largest noise reduction. The incident pressure source loudspeaker can be realized 
by using a dynamic loudspeaker, a microphone, and a velocity sensor with a feedforward 
controller. In this paper, experimental results of a one dimensional realization with a feed-
forward controller are presented. 
1. Introduction 
A double panel structure, which consists of two panels with air in the gap, offers the ad-
vantages of low sound transmission at high frequencies, low weight, and low heat transmission. 
Therefore, this structure is often applied to the aerospace and automotive industries. However, both 
the two panels and the cavity cause the resonance, which limits the noise reduction performance. To 
improve the noise reduction of the double panel structure, many control methods have been dis-
cussed [1-3]. In our previous work, various structural and cavity control strategies were applied to 
the structure to reduce the amount of noise transmitted. Cavity control by incident pressure sources 
 20th International Congress on Sound and Vibration (ICSV20), Bangkok, Thailand, 7-11 July 2013 
 
 
ICSV20, Bangkok, Thailand, 7-11 July 2013                                                                                     2  
provides the largest noise reduction [4]. As an extension of our previous work, the present paper 
shows the realization of this incident pressure source by using a dynamic loudspeaker, a micro-
phone, and a particle velocity sensor with feedforward control. In order to minimize the reflecting 
pressure from the boundaries, a wave separation technique is applied to our work [5]. To improve 
the convergence rate and stability, regularized modified filtered-error algorithm (RMFe) is applied 
to our feedforward control system [6, 7]. The result shows, with the adaptive feedforward RMFe 
control, the average broadband reflecting pressure reduction in a duct is 26.2 dB. 
This paper has three main sections. Section 2 describes the pressure source development, the 
wave separation method, and the experiment set-up. Section 3 shows the adaptive feedforward 
RMFe algorithm and the real-time control result. Section 4 gives the conclusions. 
2. Development of a pressure source 
2.1 Configuration 
The incident pressure source indicates there is no reflecting pressure from the incident bound-
ary. In other words, the reflecting pressure from the solid surface should be minimized. Therefore, 
we use the reflecting pressure instead of the total pressure as our error signal. The reflecting pres-
sure can be derived by measuring the pressure and the velocity. Figure 1 shows our system configu-
ration. A dynamic loudspeaker generates the primary source; another dynamic loudspeaker, which 
is placed between the primary source and the solid surface, gives the secondary source; one pressure 
sensor and one gradient pressure sensor, which functions as a particle velocity sensor, are placed at 
the same position in the duct to measure the error signal. The incident pressure source is realized by 
minimizing the reflecting pressure with a feedforward controller.  
 
 
Figure 1. Configuration control system. 
2.2 In-duct wave separation 
For plane wave propagation, the momentum equation is written as 
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in which  [kg m-3] is the density of the air; p [Pa] is the pressure; v [m s-1] is the particle velocity; 
t  [s] is the time and x  indicates the wave propagate on x-axis. The particle velocity iv [m s
-1
] corre-
sponding to the incident wave ip  [Pa] can be written as 
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where c is the sound speed [m s
-1
]. On the other hand, rv [m s
-1
], the particle velocity corresponding 
to the reflecting wave rp [Pa] is 
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The total particle velocity and total pressure can be written as 
;i ri r
p p
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                                                               (4) 
.i rp p p                                                                      (5) 
Then the incident pressure and the reflecting pressure can be expressed as 
1
( );
2
ip p cv                                                                 (6) 
1
( ).
2
rp p cv                                                                 (7) 
Equations 6 and 7 show that we can obtain the incident pressure and the reflecting pressure by 
measuring the pressure and the particle velocity.  
2.3 Experiment set-up 
The experimental set-up is shown in Fig. 2. A 2.5-meter-long duct is used; the radius of the 
duct cross section is 7.5 cm. The left end of the duct is the primary source generated by a dynamic 
loudspeaker, and the right end of the duct is a sealed solid surface. We use another dynamic loud-
speaker as the secondary source, which is placed 2.06 meters away from the primary source.  One 
pressure microphone and one gradient pressure microphone, which functions as the velocity sensor, 
are placed in the duct at the same position.  
 
 
Figure 2. Experiment set-up for real-time control. 
3. Adaptive feedforward control 
3.1 Adaptive feedforward control method 
In this paper, the regularized modified filtered-error algorithm (RMFe) is applied to the real-
time feedforward control implementation.  This adaptive algorithm eliminated the inherent delay in 
the adaptive path by using an inner-outer factorization of the transfer path between the actuator and 
the error sensor. Double control filters combined with a regularization technique, which can pre-
serve the factorization properties, are used for compensating the delay. Compared to the standard 
filtered-reference and filtered-error algorithm, RMFe has good convergence properties. A detailed 
RMFe algorithm description can be found in [6, 7]. A block diagram of the adaptive single-channel 
RMFe scheme, where the dashed line indicates the controller, is shown in Fig. 3. P and G  are the 
transfer functions between the primary source and secondary source to the error sensor. W is the 
control filter and D represents a delay. The augmented plant G consists of G  and a regularization 
function regG  to avoid a saturated control signal. To improve the convergence and to ensure the 
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stability, an all-pass function iG  and minimum phase function oG  are used to perform a so-called 
inner-outer factorization, where i oG G G , 
1( ) ( )
T
o oG q G q I
  with q the unit delay, 
and
* 1( )
T
i oG G q
 . Internal model control (IMC) can be realized by subtracting the contribution of 
the secondary source on the reference signal, where the transfer function is rpG  and the reference 
signal is refx [8, 9].  
 
Figure 3. Regularized modified filtered-error adaptive control scheme with IMC. 
 
( 1) ( ) "( ) ' ( )Ti iW n W n e n x n i                                                   (8) 
 
Equation 8 is the update rule for the controller coefficients, where iW  is the ith filter, the sam-
ple number is denoted by n . "e  is the auxiliary error signal,   is the convergence coefficient and 
'x  is the delayed reference signal.    
3.2 Real-time feedforward control  
In this section, two sensor-actuator configurations are presented. Configuration 1 shows that 
the error sensors are placed in front of the second source, at sensor position 1.  Configuration 2 
shows that the error sensors are placed between the primary source and the secondary source, at 
sensor position 2. These two positions are shown in Fig. 4.  
 
 
Figure 4. Sensor positions. 
 
Figure 5 presents the reduction of the reflecting pressure, which is the error signal, with con-
figuration 1 control. The results shows the RMFe feedforward control can effectively reduce the 
reflecting pressure with an average 26.2 dB reduction, assuming that the error sensor provides an 
exact measure of the reflected pressure.  The total pressures measured at positions 1 and 2 are 
shown in Figs. 6(a) and 6(b). The resonance in the duct is removed by reducing the reflecting wave. 
 20th International Congress on Sound and Vibration (ICSV20), Bangkok, Thailand, 7-11 July 2013 
 
 
ICSV20, Bangkok, Thailand, 7-11 July 2013                                                                                     5 
Moreover, although the error sensor is placed at position 1, the improvement can also be seen at 
position 2.  
 
Figure 5. Reflecting pressure response: with real-time feedforward configuration 1 control.  
 
(a)  
(b)  
Figure 6. Total pressure response: with real-time feedforward configuration 1 control.  
(a) sensor position 1; (b) sensor position 2.  
 
Figure 7 presents the reduction of the reflecting pressure with configuration 2 control. This 
configuration gives an average 25.4 dB reduction. The total pressure measured at position 1 and 2 
are shown in Figs. 8(a) and 8(b). The duct resonance is effectively removed at position 2, as shown 
in Fig. 8(b). However, the control system cannot control the resonance behind the error sensor, for 
instance at position 1, as shown in Fig. 8(a). The result shows, with the RMFe feedforward control, 
both configurations can effectively remove the resonance between the primary source and the error 
sensors and realize an incident pressure source.  
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Figure 7. Reflecting pressure response: with real-time feedforward configuration 2 control.  
 
(a)  
(b)  
Figure 8. Total pressure response: with real-time feedforward configuration 2 control.  
(a) sensor position 1; (b) sensor position 2.  
 
4. Conclusions 
The one dimensional real-time realization of the pressure source loudspeaker with feedfor-
ward control is presented in this paper. The reflecting pressure reduced on average by 26.2 dB and 
the pressure resonance in the duct can be effectively removed. Our work shows the incident pres-
sure source loudspeaker can be realized by using a dynamic loudspeaker, a microphone, and a ve-
locity sensor with a feedforward controller. And a non-reflecting boundary condition can be realised 
by minimizing the reflecting pressure from the solid surface. Therefore, the transmitted noise in a 
double panel structure can be effectively reduced by applying this modified pressure source loud-
speaker.  
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